implementation difficult. Furthermore, these receivers require prior knowledge of the second-order channel statistics. Therefore, it is advantageous to design simple receivers for a more limited range of channels. Here, we develop a new approach for the reception of signals transmitted over a channel which is slowly fading and exhibits small delay spread. Following [3] and [4] , the channel is assumed to be sufficiently modeled as a two-term Taylor's series expansion; it is then linearly frequency-selective © [3] . The proposed approach uses transmit and receive filters which effectively remove the intersymbol interference (ISI) induced by the channel. The response of the filters is designed by minimizing the mean square error (MSE) between the received signal and the desired (ISI-free) signal.
Hence, a receiver with limited complexity such as those discussed in [5]- [7] for a time-selective channel could be used to detect the transmitted signals. Section II defines the channel and signal models. The optimal overall response of the transmit and receive filters is developed in Section III. In Section IV, bit-error rate (BER) results from computer simulation of a communication system using this equalization approach and a predictor receiver similar to the one in [6] To do this, we rewrite the second, third, and fourth term on the right-hand side of (13) by using the Fourier transform, Poisson's summation formula, and the frequency convolution theorem [8] . Neglecting details, (13) becomes (14) where " is the frequency variable, and is 4 the Fourier transform of . In order to simplify the optimization and ensure that the solution is realizable, is assumed to be real valued and bandlimited to , is seen in (15) and (16) that the optimum overall response is 4 independent of the ratio which " is previously defined. Since is Nyquist, the first and second terms of (11) are zero. It ) can also be shown that the summation in the third term is (17) for . This implies that the total MSE in (11) is zero and the received samples are ISI-free. Since ISI is completely % removed, the channel is equalized and effectively behaves like a flat-fading channel.
IV.

)
SIMULATION RESULTS
Using
2 the optimal filter, we simulated a system to evaluate its 4 performance. The derivation in Section III assumed a noiseless environment. However, additive noise is always present at the front end of the receiver. In the computer simulation, white Gaussian 5 noise with power spectral density of is 4 added to the output of the channel. Since the channel is assumed to be "linearly frequency-selective," it would be necessary to know the types of channel for which this assumption is true. This is dependent on the delay spread of the channel [4] . In the simulation, channels with a uniform delay profile and maximum delay spreads ranging from to were " used.
A three-ray wide-sense stationary uncorrelated scattering channel % with normalized fade rate (time-bandwidth product) of was " used. A 6 predictor sequence estimator similar to the one described in [6] which is designed for flat-fading channels has been used in the simulations. The receiver was made adaptable to different fade rates by using the recursive least squares algorithm to update the predictor taps [9] with baud rate sampling and processing. A predictor with ten taps was used. Since we are interested in the steady-state performance of the receiver, 0 the predictor was trained for 10 000 symbols to ensure that the tap weights converge. A 16-state Viterbi algorithm with " a decision delay of 30 symbols was used. The modulation scheme used is quadrature phase-shift keying (QPSK) with a Fig. 2 . Simulated BER curves for a predictor receiver for a linearly frequency-selective fading channel. The analytical BER curve using ideal CSI is in bold. The optimum sinc-squared pulse shape is used.
reference symbol inserted every ten data symbols to eliminate any phase ambiguity. This is analogous to a system with dif between the actual channel impulse response and the two-term -power series model also increases and the simple approach fails. The major benefit of using this approach is that it 4 can be simply implemented using a time-invariant filter. Its main disadvantage is that the filter impulse response is one with " 100% rolloff and therefore requires a larger transmission bandwidth. 
